Mobile devices support more and more real-time multimedia contents such as live video, high-definition television, virtual reality and so on. Real-time multimedia services over mobile networks face several challenges, including the efficient management of radio resources, high data throughput and the latency induced by transmission delay. In order to address network errors on Long Time Evolution (LTE) multimedia broadcast services, forward error correction and unicast recovery techniques are proposed in standard at the application level. In this paper, a parallel coding scheme with Turbo Product Code (TPC) is proposed to fit the antenna array of Multiple-Input Multiple-Output Filter Bank Multi-Carrier (MIMO-FBMC) system for transmission latency reduction. In this scheme, multimedia content information data are firstly reformed into two dimensional blocks with (k 1 × k 2 ) bits in every block. And then each block is encoded into (n 1 × n 2 ) codeword block using TPC to be transmitted parallel through the massive antenna array of transmitter in MIMO-FBMC system. In the receiver, the multimedia content information is re-formed by concurrent soft decision iterative decoding algorithm of TPC. This parallel TPC coding scheme achieves high throughput, low transmission latency and high reliability, which is suitable for the multimedia communication. Simulation results confirmed the superiority of the proposed parallel TPC coding scheme.
I. INTRODUCTION
According to the development of the next generation mobile network, the mobile multimedia services are blowing up and a huge growing demand of real-time video streaming services that users can access through multimedia players running on their mobile devices have occurred [1] , which highlight the high multimedia content data throughput, low transmission delay requirements of mobile multimedia system [2] , [3] .
Dynamic Adaptive Streaming over HyperText Transfer Protocol (DASH) technology is used to broadcast multimedia content over Long Term Evolution (LTE) [4] , [5] . DASH The associate editor coordinating the review of this manuscript and approving it for publication was Dapeng Wu . provides a standard to split a multimedia stream into segments of the same duration that can be retrieved from a web server. DASH also defines how to provide distinct representations of the multimedia content, with different qualities, in order to enable a multimedia client selecting a representation that fit both the characteristics of the mobile device and available bandwidth [6] .
For better managing the available radio resources, the evolved Multimedia Broadcast and Multicast Service (eMBMS) [7] is proposed by the 3rd Generation Partnership Project (3GPP), to combine DASH with a multicast delivery of multimedia segments to the mobile devices. That means a single representation of the multimedia content is pushed to the devices through the eMBMS channel. Meanwhile, the Application Layer Forward Error Correction (AL-FEC) [8] and unicast recovery techniques are used to eliminate the transmission errors over eMBMS. The AL-FEC is used to protect the multimedia segments being pushed over eMBMS and recover the segments that are affected by transmission errors in the receiving device [9] .
How to reduce the overall latency of mobile multimedia system is extremely important for enhance the live streaming services quality. Regarding the analysis of live streaming services, several works presented analytical models to characterize delay sensitive streaming services [10] - [13] . In spite of presenting solutions to determine the minimum buffer level that avoids buffer under runs, or the current frame rate needed to reduce the delay, these models did not consider the use of DASH technologies for the delivery of the multimedia content. Yang and Liu [14] . proposed a framework to minimize the delay when an IPTV user changes the channel. The framework was formed on the following idea: it is possible to reduce the delay at the price of extra download bandwidth. However, the impact of the packet error rate on the delay was not analyzed. Lohmar et al. [15] presented a delay analysis of a live streaming service over HTTP. The analysis determined the instant on which DASH segments are available to be requested by clients. In an LTE multimedia broadcast service, the delivery of a multimedia segment is delayed by the use of AL-FEC and unicast recovery techniques, so additional delays need to be considered to ensure the availability of DASH segments.
Monserrat et al. [16] and De Fez et al. [17] , [18] analyzed the time taken to deliver multimedia content over eMBMS. The analysis carried out by Monserrat et al. considered that video fragments lost in the multicast channel are recovered using a point-to-point connection once the transmission over eMBMS has finished. De Fez et al. defined how to use AL-FEC techniques to reduce the download time of a multimedia content that is sent using the File Delivery over Unidirectional Transport (FLUTE) protocol [19] . In this case, the proposals relied on the use of file carousels. The above recovery mechanisms are not adequate for LTE multimedia broadcast services that are supported by the architecture proposed by the 3GPP. They are more appropriate for a broadcast service that is used to play a video content after it has been completely downloaded. In the past years, several solutions addressing the problem of service disruptions for DASH have been presented [20] , focusing on the adaptation algorithm of DASH and the availability of different representations coded with different bit rates. However, in an LTE video broadcast service, a single video representation is sent over the eMBMS channel, so the adaptation algorithm is not used.
A possible solution to further reduce the delay consists of the reduction of the duration and increase the throughput of video segments [21] . For alive streaming service over HTTP, Weiand and Swaminathan [22] , argued that this solution can increase the communication overhead. In an LTE multimedia broadcast service, video segments are sent over the eMBMS channel, so the impact of the communication overhead is significantly reduced.
For the fifth-generation wireless networks, new multicarrier modulations and their associations with multi-antenna array systems have been developed to support high data throughput and low transmission latency. And the device to device (D2D) technology is involved in the mobile multimedia system [23] , [24] .
The Multiple-Input Multiple-Output -Filter Bank Multi-Carrier (MIMO-FBMC) system is proposed in [25] . This transmission technology can cope with the frequency selectivity of the channel without introducing any guard interval. It realizes the shaping of each of the sub-carriers by a prototype filter well localized in frequency, which considerably reduces the effect of overflow of the spectrum out the band.
The Orthogonal Frequency Division Multiplexing/ Offset-Quadrature Amplitude Modulation (OFDM / OQAM) multicarrier modulation system offers better spectral efficiency than the conventional CP-OFDM system but suffers from inter-channel interference (ICI) and inter-symbol interference (ISI) in the frequency-selective channels, resulting in poor performance of the bit error rate (BER). To solve these problems, the authors in [26] proposed a method of designing equalizer and multi-channel trunk receiver filter based on the maximization of the signal to noise interference ratio (SINR) of each sub-channel.
All of the aforementioned researches do not pay attention to the bottleneck of the mobile multimedia content transmission latency [27] , which is the wireless channel limitation of the transmission throughput. Considering the wireless MIMO channel with massive antenna array is available, parallel transmission may bring in huge advantage in transmission throughput improvement and latency reduction.
In this paper, a parallel coding transmission scheme with Turbo Product Code(TPC) [28] , [29] in the MIMO-FBMC system is proposed, where a parallel two dimensional TPC is embedded in the MIMO-FBMC system. The mobile multimedia content data are first reformed into two dimensional blocks and then coded into codewords by TPC coding. These TPC codewords are then sent to the transmitter of the MIMO-FBMC system parallel as the input symbols. After transmitted by the wireless MIMO channel, the codewords are decoded by TPC decoder in the receiver, and the initial multimedia content data are obtained.
The main contributions of this paper are listed as follows.
• We propose a novel parallel TPC coding scheme for mobile multimedia content transmission in MIMO-FBMC system. This parallel coding scheme combines the excellent transmission performance of TPC and the massive antenna array wireless MIMO channel. The transmission latency and system throughput under different TPC code length and antenna quantity are analyzed.
• We formulate the TPC encoding and decoding algorithms and transmission throughput under the given condition. The parallel TPC coding scheme is analyzed thoroughly with the MIMO-FBMC system for parallel multimedia content transmission. The ISI and ICI in wireless MIMO channel are considered to realize optimal performance.
• Simulations demonstrate the effectiveness of the proposed scheme in the MIMO-FBMC system scenario.
With the well-chosen encode/decode algorithms of TPC, the transmission latency and BER performance are significantly improved.
The rest of this paper is organized as follow. Section II provides a brief description of the structure and encode/decode algorithm of Turbo Product code. Section III describes the architecture of the MIMO-FBMC system and the parallel TPC coding transmission scheme for reducing the transmission delay in mobile multimedia system. Section IV discusses the transmission delay and bit error rate performance of the proposed scheme. Finally, Sections V concludes this paper.
II. ANALYSIS OF THE TURBO PRODUCT CODE
TPCs have been integrated in several practical applications, and hence, they have been considered widely in the literature where the main aim is improving the error performance and/or reducing the computational and implementation complexity. TPCs are powerful multi-dimensional Forward Error Correct (FEC) codes that can provide high coding gain, and its linear coding complexity, parallel decoding characters are suitable for low extra processing delay. Furthermore, TPCs are suitable for hardware circuit because its row and column sub-codes are linear block codes. It is expected that the TPC encoder/decoder circuit can be integrated into the three-dimensional system-level package by using the chip fabrication process and improve the system integration.
A. STRUCTURE OF TURBO PRODUCT CODE
A typical two dimensional TPC(2D TPC) structure is shown in Fig. 1 . The 2D TPC is composed of a two-dimensional array of codewords from linear block codes like Hamming codes, Bose-Chaudhuri-Hocquenghem(BCH) codes, and parity check codes [30] .
The encoder of TPCs consists of two serially concatenated binary linear block encoders. The encoder C i ( i = 1, 2) has the parameters (n i , k i , d l min ) where n i , k i , d l min stands for the codeword length, number of information bits and minimum Hamming distance, respectively. The encoding process is performed as follows [28] 1) Place ( k 1 × k 2 ) information bits in an array of k 1 rows and k 2 columns;
2) Encode the k 1 rows using code C 2 , this gives a k 1 × n 2 matrix;
3) Encode the n 2 columns using code C 1 , this gives a n 1 × n 2 matrix.
The parameters of the product code P are N = n 1 ×n 2 ,
min . Since the code components C 1 and C 2 are linear, every row and column in P is a codeword with respect to C 1 or C 2 . The TPC P sequentially in order to reduce the decoding complexity. The sequential decoding can be implemented using soft-in soft-out(SISO) or hard-in hard-out(HIHO) decoders.
B. DECODING ALGORITHM OF TURBO PRODUCT CODE
In the iterative decoding algorithm of TPC, each row of the code matrix is decoded sequentially followed by column decoding [31] . All row and column decoding operations are performed independently. Therefore, when the error correction process is successful, all rows and columns will be valid codewords of their respective elementary code C i . Consequently, error detection after the last column decoding process can be performed by checking the syndromes of all row codewords. The TPC codeword is declared error free if all syndromes are equal to zero [32] .
Pyndiah-Chase-II algorithm is one of the most common used decoding algorithm of TPC [33] , which is based on SISO iterative decoding where the rows and columns of the receiving code matrix R are decoded individually using soft decision decoding (SDD). During the first half iteration, actual soft information is available from the demodulator; and then extrinsic information is used in the succeeding iterations. The SDD is implemented using the Chase-II decoder [34] which performs a limited search for the maximum likelihood component codeword instead of a prohibitively complex exhaustive search. The search process of the Pyndiah-Chase-II algorithm can be described as follows:
a) The least reliable p bits in
is a binary matrix converted by R) are marked using r = (r 1 , r 2 , . . . , r n ) (a component codeword in R). In stationary AWGN channels, the normalized reliability is given by |r i |. b) 2 p different error patterns are generated using the marked p bits in b. An error pattern is a vector whose entries are all zeros except the entries marked in the previous step. 2 p different error patterns are generated by altering the values of the marked p bits. c) 2 p different test patterns are generated by adding each error pattern to b. Each of the2 p test patterns is decoded using hard decision decoding(HDD) to produce 2 p candidate codewords. The successful candidate codeword d is the one that has the minimum Euclidean distance to r. Therefore, the number of HDDs performed in each iteration is 2 p (n 1 + n 2 ).
When the decoding process of the first half iteration is completed, the Chase-II decoder output is the binary vector d; that means soft information for each bit in d to enable SDD for the next iterations needs to be generated. Note that the elements of d are mapped from {0, 1} to {−1, +1}. The soft information after the first iteration can be calculated as follow
wherer(m) is the soft data fed to the Chase-II decoder at the mth iteration, r is the demodulator soft output, α(m) is a scaling factor obtained experimentally, and w(m) is the extrinsic information calculated from the previous iteration, and it is computed as
whereŕ
where d (1) and d (2) are the closest and next closest candidate codewords tor, respectively. For each bit i inŕ(m), d (2) is chosen such that d (1) = d (2) at the ith bit, i ∈ {1, 2, . . . , n}. In cases where there are not possible to find d (1) , we use
where β is a scaling factor and d = d (1) . The values of α and β for 8 half iterations(m ∈ {1, 2, . . . , n}) are given in [35] Entries in the extrinsic information matrix computed using (4) are normalized to have a mean absolute value of one [35] . Fig. 2 shows a general block diagram for Pyndiah-Chase-II decoder.
C. SYSTEM THROUGHPUT ANALYSIS
The transmission efficiency or throughput η, is the ratio of the number of information bits received successfully to the total number of transmitted bits [36] . Assuming that a packet is composed of a TPC codeword of size N with the information data block of size κ, and given that Q packets are transmitted, then
where 1 ≤ ρ i ≤ M is a random number that represents the total number of transmitted packets and x i is a random number that indicates if the packet delivery has failed; if the delivery of the ith packet fails, x i = 0, otherwise, x i = 1.
However, because x i ∈ {0, 1}, then 1 Q Q i=1 x i is just the ratio of the non-zero elements to the total number of transmitted packets. Given that Q → ∞, by the law of large numbers
, where E {·} denotes the expected value and P U is the packet uncorrected error probability. Therefore (5) can be written as [33] 
III. DESCRIPTION OF THE PARALLEL TPC CODING SCHEME
In this section, the system model of MIMO-FBMC system [37] is described and the parallel TPC coding scheme is analyzed in detail.
A. SYSTEM MODEL OF MIMO-FBMC/OQAM SYSTEM
The FBMC is proposed to apply a filtering by subcarrier to improve the spectrum characteristics which can overcome the disadvantages of the OFDM. The mainly practical FBMC technique is FBMC/OQAM (offset-QAM). In this FBMC/OQAM technique, the prototype filters are careflly designed to minimize or eliminate ISI (Inter-Symbol Interference) and ICI (Inter-Carrier Interference) and keep good spectrum characteristics. Diagram of MIMO-FBMC system model is shown in Fig.3 . We considered the phydyas prototype filter proposed in [38] here. The impulse response of this filter is given by
where m = 0, 1, . . . , L p . VOLUME 8, 2020 L p represents the length of the prototype filter such that L p = KM − 1, K is the overlapping factor, M is the number of subcarriers,p(k) is the impulse response coefficient where in this paper is used with the overlapping factor K = 4 and k is subcarrier index
Then the data flow symbols are modulated by the OQAM modulation, introducing a temporal offset of a half-period T /2 between the real part and the imaginary part. The Fast-Inverse Fourier Transformer (IFFT) is adopted to convert the signal from the frequency domain to the time domain. The resulting signal passes through the synthesis filter block (SFB) is defined by
where m = 0, 1, . . . , L p − 1.
After that, the well processed signal is transmitted by the MIMO system combined with N t transmits antennas and N r receives antennas.
The exchange of signals between the transmitter and the receiver is established by the wireless MIMO channel matrix H . The relationship between these elements is discribed as follows
where y and x represent the received and the emitted vectors by the transmitting and receiving antennas, respectively. n is the additive Gaussian noise, H is the wireless channel matrix of the N t × N r antennas channel containing the complex gain characterizing the transmission between the different pairs of antennas. Subsequently, an equalization matrix W is applied to the received vector to restore the destroyed orthogonally of the received symbols. Here, the zero forcing(ZF) equalizer is used.
For the ZF equalizer, the equalizer matrix W is
At the reception, the signals received by the equalizer are then filtered by the analysis filters under the definition by the following expression
where m = 0, 1, . . . , L p − 1 An Fast Fourier Transform(FFT) is applied to the symbols at the output of the analysis filters to transform them from the time domain to the frequency domain. And finally, the different frequency components of the FFT will be demodulated by the OQAM demodulator to recover the desired symbols and the entire transmisison process is completed.
B. IMPLEMENTATION OF THE PARALLEL TPC CODING SCHEME
Due to the large number of antennas in transceiver in MIMO-FBMC system, the transmission performance is strongly affected by the transmission characteristics of interchannel crosstalk. The parallel TPC coding scheme is proposed to transmit multimedia content data parallel through the two dimensional antenna array. That means the multimedia content data in a coding block are transmitted in the same time through all the antennas in the MIMO-FBWC transmitter, which can tremendously heighten the transmission throughput and reduce the transmission delay.
The detail of this scheme is described as follow. Firstly, the multimedia information data are reshaped to form (k 1 ×k 2 ) pre-coding blocks, and then each pre-coding block is parallel coded into (n 1 × n 2 ) codeword. All the bits in a codeword are sent to the transmitter of the MIMO-FBWC system parallel and then transmitted through the wireless MIMO channel. At the receiver, the received message is parallel decoded by TPC decoding algorithm and the multimedia content data are recovered. The overall flow chart is shown in Fig. 4 .
The parallel TPC encoding and decoding process can be divided into the following steps:
1) The encoding process a) The binary multimedia information data to be transmitted is re-arranged into blocks as (k 1 ×k 2 ) to form coding information blocks. b) Parallel encoding using TPC is performed for the multimedia information blocks of (k 1 × k 2 ) to obtain the coded (n 1 × n 2 ) codeword block. Where TPC code length (n 1 × n 2 ) and multimedia information bit length (k 1 × k 2 ) can be adopt different coding rate according to the number of antennas. According to different error correction performance requirements, different row/column sub-codes of TPC are adopted.
Then the codeword is transmitted into the transmitter parallel and sent out.
2) The decoding process a) The initial iteration number of the receiver is set as 0 according to the received (n 1 × n 2 ) codeword block information. b) For the receiving sequence of m1 row, according to the value information of symbol f ij {0 ≤ i ≤ n 1 ; 0 ≤ j ≤ n 2 } attempts to decode TPC code. If the decoding is successful, the iteration is finished and the decoding result is output, otherwise the symbol value information f ij {0 ≤ i ≤ n 1 ; 0 ≤ j ≤ n 2 } is updated, and the iteration add one each time, return to step a), until the iteration reaches the maximum number. When the iteration reaches the maximum number, exit decoding and display decoding failure.
For each iteration, the decoding process is detailed as Fig. 5 . When the decoder receives the sequence, first gets the hard decision sequence Y , and calculates the credibility of each symbol in Y to find p least reliable bits. And then generates a new test pattern E − TABLE, followed by generates test sequence based on E − TABLE. After that, the test sequence is sent to the hard decision decoder. If a valid codeword is generated by this test sequence, the codeword is placed into the candidate codeword set. This process will be continued until no new test sequence can be generated and the output decoding codeword will be selected from the candidate codeword set which has the minimum Euclidean distance.
IV. SIMULATION RESULTS ANALYSIS
In order to verify the feasibility of the proposed scheme in this paper, simulations based on Monte Carlo method by Matlab software is done to illustrate and analyze the performance. Table 1 lists the main parameters used in the simulations.
Here, we set the same row sub-code and column sub-code length of TPC, which means k 1 = k 2 = k, and n 1 = n 2 = n. And the number of antennas in the transmitter and receiver in MIMO-FBMC system are also set as N t = N r = n. For the two-dimensional multimedia content data msg, the sub-code is using the extended Hamming code with m = 8, (256, 247), m = 7, (128, 120), m = 6, (64, 57), m = 5, (32, 26) . So the code length of the corresponding two dimensional TPC is n× n. As shown in Table. 1, the TPC codeword lengths are set as 
A. SIMULATION UNDER THE IDEALIZED CONDITIONS
In this simulation, we suppose that the inter-symbol interference(ISI) and the inter-channel interference(ICI) in the MIMO-FBMC system are completely eliminated and all transmission loss coming from line of sight(LOS) and Additive White Gaussian Noise(AWGN).
In order to compare the performance improvement of this scheme, a uncode transmission scheme is also set. For the uncode scheme, multimedia information is sent through MIMO-FBMC transmitter without any error correction coding, and the final received signal is obtained at the receiving end. The simulation results are shown in Fig. 6 . Fig. 6 . shows that the transmission BER performance is significantly improved by taking the parallel TPC coding scheme. The BER performance of the proposed scheme, regardless with the code length of TPC, is over two orders of magnitude improvement than that of no coding scheme under E b /N 0 = 5dB condition. It is also shown in Fig. 6 that the code length of TPC has great effect of transmission performance. Generally, the short code lengths(64 × 64 and 32 × 32) achieve better BER performance than the long code length ones(256 × 256 and 128 × 128). Considering the decoding complexity is linearly increase to the code length, and higher complexity makes more processing delay, the long code length TPC should not use as the candidate code in this parallel coding scheme.
For the system throughput analysis, taking the E b /N 0 = 5dB condition, using (6), the calculation results of η are listed in Table. 2. From Table. 2, it is clear that the system throughput is significantly improved when the parallel TPC coding scheme is adopted. And as the code length increasing, the system throughput is continuous raising. So the TPC with long code length has more potential in large multimedia content transmission demand situation.
B. SIMULATION UNDER THE ACTUAL SITUATION
Even though the zero forcing(ZF) algorithm is adopted in the equalizer matrix W , there will still be some ISI and ICI emerged in the transceiver of the MIMO-FBWC system.
In following simulation, the TPC code lengths are still set as m = 8, (256, 247), m = 7, (128, 120), m = 6, (64, 57), m = 5, (32, 26) to form the two dimensional TPCs. And then the TPC codewords are sent to the transmitter to be transmitted through the antenna array channels of the MIMO-FBMC system. In the receiver, the signals are received and decoded by the parallel TPC SISO decoding algorithm. The interference of this channel takes LOS and inter-symbol crosstalk into account. The simulation results are shown in Fig. 7 .
As can be seen from the figure, when inter-channel crosstalk is given, the transmission performance of parallel TPC coding scheme is improved by about 10 times and more than 3 orders of magnitude when SNR is 5dB and 7dB respectively, than that of direct transmission scheme. Fig. 7 . shows that the proposed parallel TPC coding scheme can play an excellent BER performance in the multimedia content transmission. Based on the given simulation results, it can be seen that the proposed scheme has good performance in dealing with transmission error caused by inter-symbol interference and inter-channel crosstalk, and has strong error correction ability, which greatly improves the electrical redundancy and flexibility of transceiver in the multimedia system.
Since the multimedia content data are parallel transmitted through the antenna array of the wireless MIMO channel in MIMO-FBMC system, the transmission delay is tremendously reduced by adopting the parallel TPC coding scheme.
Thus the entire mobile multimedia latency performance is greatly improved and the quality of service is dramatically promoted.
V. CONCLUSION AND DISCUSSION
A parallel TPC coding scheme in MIMO-FBMC of mobile multimedia system is proposed in this paper. This scheme aims at the reducing transmission latency and improving BER performance of the mobile multimedia services. Parallel TPC coding scheme takes advantages of the characteristics of TPC such as two dimensional coding, linear complexity, parallel decoding and excellent decoding performance. Simulation results verified the feasibility of this scheme. In the future, further research will be carried out on the hardware implementation of the scheme and the actual measurement of transmission performance, thus to optimize the scheme parameters and form a practical solution of antenna array transmission.
For the mobile multimedia service quality enhancement, transmission latency is one of the key factors which should pay more attention to. The entire latency of mobile multimedia services requires more investigation not only in the heterogeneous network control strategies but also the multimedia content data transmission link solutions.
Additionally, this parallel TPC coding scheme can be further applied to the transmission performance optimization of massive interconnection in micro/nano-scale three dimensional heterogeneous integration systems.
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